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STUDY SCHEDULE NO. 50 


For each study step, read the assigned pages first at your 
usual speed, then reread slowly one or more times. Finish 
with one quick reading to fix the important facts firmly in 
your mind. Study each other step in this same way. 


O 1. Introduction.Pages 1-3 

The nature of the basic acoustical problems found in p.a. work are out¬ 
lined in this section. 

□ 2. Microphones and Their Characteristics.Pages 3-16 

Here the construction and operating characteristics of all the types of 
microphones now used are described* 

□ 3. Loudspeakers and Their Enclosures.Pages 17-23 

This section contains a description of the kinds of baffles used with loud¬ 
speakers in p.a. work and of the sound distribution patterns that each 
produces. 

□ 4. Practical Acoustics.Pages 24-31 

Here you learn how the hearing characteristics of the human ear affect 
the design of a p.a. system and how the problems created by reflections of 
sound in an indoor installation are solved. 

□ 5. Determining Acoustical Powers Needed.Pages 32-36 

In this section you learn how to use the various factors discussed in the 
earlier parts of this Lesson to determine how much power is needed in 
a particular installation to produce the desired response. 

□ 6. Answer Lesson Questions and Mail Your Answers to NRI lor Grading. 

□ 7. Start Studying the Next Lesson. 
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B EFORE it is possible to choose an 
amplifier for a particular loca¬ 
tion, it is necessary to have at least a 
general knowledge of some of the 
acoustic problems involved in public 
address work. Acoustics—the study 
of sound and its effects upon heariftg 
—is considered to be a science, but is 
more of an art as it is practiced in 
p.a. work. That is, although it is 
possible to make carefully controlled 
scientific measurements of the condi¬ 
tions in a particular installation, such 
a scientific survey would be costly 
and would be of little use unless it 
were made under the exact conditions 
that exist when the equipment is in 
use. Therefore, in practice, acoustic 
problems in p.a. work are solved by 
using good judgment and past experi¬ 
ence to a large extent. As we shall 
show later, certain tabulated informa¬ 
tion on acoustics is available that is 
helpful in planning an installation, 
but each job usually brings up its own 
special problems. Let’s see what some 
of them are. 

Sound reflection and absorption 
cause trouble in indoor installations. 
Sound waves bouncing from wall to 
wall cause different effects, depending 


on the lengths of the paths traveled. 
Sounds coming from two directions to 
a particular spot may arrive 180° out 
of phase, with the result that the 
sound energy cancels, producing what 
is known as a dead spot. They may 
also arrive 360° out of phase, pro¬ 
ducing sound reinforcement. (There 
are several noted “whispering gal¬ 
leries” in which a whisper uttered in 
one spot can be heard at another spot 
perhaps 50 feet away, but nowhere 
else. This effect is the result of sound 
reinforcement.) Most commonly, the 
sounds are only partly out of phase; 
the' result of this is usually that the 
sound is muddled and made hard to 
understand. 

If the reflection path is long enough, 
there will be a complete echo—that is, 
the sound will arrive so much later 
over the longer path that it can "be 
heard twice. This, too, is trouble¬ 
some. 

Another effect associated with re¬ 
flections is reverberation. This occurs 
when there are many sound-reflecting 
surfaces in a room, as a result of 
which a sound is reflected many times 
and therefore takes a relatively long 
time to die out. The reverberation pe- 
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riod of a room is measured by how 
long it takes a sound to drop 60 db 
from its original loudness. If this time 
is excessive, any continuous series of 
sounds produced in the room will seem 
extremely jumbled to a listener. 

Another factor. that varies from 
installation to installation is the sur¬ 
rounding noise level. This level plays 
an important part in determining the 
amount of power needed, because the 
p.a. system must have enough output 
to keep the average sound level well 
above the noise. 

Absorption also creates problems. 
The system that sounds all right in 
an empty auditorium may not give 
enough power when the audience is 
present, because sound is absorbed by 
the clothing worn by the audience. 

Outdoors, sound energy is rapidly 
dispersed even on a still day, because 
there are no containing walls to keep 
it in. If there is much wind, the sound 
dispersal is even more rapid. Noise 
is a problem outdoors also, of course. 

AH such factors must be considered 
before an installation is completed. 
As far as possible, they should be 
considered before the installation is 
even started; however, it is usually 
impossible to do much about reflec¬ 
tions until the equipment is at least 
temporarily installed. (Reverberation, 
a special case of reflections, can be 
cured before installation of the equip¬ 
ment.) You can see, then, that far 
more is involved in making a p.a. 
installation than just setting up an 
amplifier, a few loudspeakers, and a 
microphone or two. The job must be 
carefully planned so that the installa¬ 
tion will be adequate for its intended 
use but not so unnecessarily powerful 
that it is more expensive than it 
should be. Remember that the cost 
of an amplifier goes up directly with 
the power rating, because naturally 
more expensive power and output 


transformers must be used, as well as 
parts that have high wattage ratings. 

PLANNING A P.A. SYSTEM 

The purpose for which a p.a. sys¬ 
tem is to be used must be considered 
first of all when you are planning its 
installation. If the system is to be 
used only for paging or announcing, 
it should be designed to handle only 
the limited frequency range of the 
human voice: in this case, the system 
can be fairly inexpensive. If the sys¬ 
tem is to handle music, however, at 
least a fair degree of fidelity over a 
much wider frequency range will be 
necessary. This means that the micro¬ 
phones, amplifiers, and loudspeakers 
will have to be capable of delivering 
the required frequency range, and in 
general, that more power output will 
be required, as we shall show later. 

Next, it is necessary to consider 
the location. It is possible to deter¬ 
mine arbitrarily the amount of sound 
power that will be necessary to fill 
a certain cubic volume, so if we know 
the length, breadth, and height of a 
room, we can determine roughly w r hat 
sound or acoustic power will be need¬ 
ed to fill it adequately with sound. 
To this basic amount, we must add 
enough power to overcome the effects 
of the average noise level plus enough 
more power to overcome the effects of 
reverberation. Then, once we have 
determined the acoustic power that 
will be needed, we can work back¬ 
wards to find how' much electrical 
power will be necessary. Certain spe¬ 
cific kinds of loudspeakers and baffles 
may have to be used to meet the fidel¬ 
ity requirements, as we shall show 
later in this Lesson. Knowing the effi¬ 
ciency of these loudspeakers, we can 
determine how much electrical power 
output our amplifier has to have to 
produce the acoustical power needed. 
This sets the amplifier size. 
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Now that we have certain kinds of 
loudspeakers and an amplifier chosen, 
we must turn to the input. The num¬ 
ber of microphones required depends 
on the conditions that are to be met. 
If the system is to be used for a large 
orchestra or to amplify the voices of 
actors who may be at different points 
on a large stage, a number of micro¬ 
phones may be needed. Very often, on 
the other hand, only a single one will 
be necessary. The types of micro¬ 
phones to use will depend on the fidel¬ 


ity wanted, on how rugged they must 
be, and on how necessary it is that 
they pick up only the desired sounds 
and ignore others. 

Before we get into the acoustical 
problems of p.a. installations and 
learn exactly what must be done to 
solve them, we need to know more 
about the characteristics of loud¬ 
speakers and microphones. Let’s take 
time out to study these two devices 
now. 


Microphones and Their Characteristics 


A public address amplifier may 
operate from a phonograph pickup, 
from a radio tuner that feeds a radio 
program to it, or from a microphone. 
The phonograph pickup and the radio 
tuner are covered elsewhere, so we 
shall consider only the microphone 
here. Incidentally, the microphone is 
the only one of these that brings up 
the problem of acoustic feedback, 
which we are going to study. 

Any microphone is simply a device 
that 'will transform sound energy into 
electrical energy. Basically, all micro¬ 
phones contain some form of dia¬ 
phragm—a movable cone, a plate, a 
ribbon, or the face of a crystal. When 




Courtesy Western Electric 

FIG. 1. The construction of a double-button 
carbon microphone. 


sound waves strike this diaphragm, 
the variations in air pressure cause it 
to move; its motion is used to set up 
an electrical current that varies cor¬ 
respondingly. 

Let’s examine the various types of 
microphones to learn something of 
their physical construction. 

CARBON MICROPHONES 

Essentially, the carbon microphone 
consists of a diaphragm that is in 
contact with either one or two “but¬ 
tons” consisting of small packages of 
loose carbon granules or grains. Fig. 
1 shows a cut-away view of a double¬ 
button type—one that has a button 
on each side of the diaphragm. A sin¬ 
gle-button type, of course, has only 
one button. 

The diaphragm is a very thin metal 
plate, the edges of which are clamped 
in a ring assembly. The plate is so 
flexible that it vibrates when sound 
waves strike it. When it moves in on 
the package of carbon grains, they are 
pressed tightly together; when the 
diaphragm moves away from a but¬ 
ton, the carbon particles separate or 
loosen up. When the carbon grains 
are pressed together, they make better 
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electrical contact and the resistance 
through the button decreases. Con¬ 
versely, the resistance through the 
button increases when they are al¬ 
lowed to be looser. In other words, 
the resistance of the buttons varies as 
sound waves strike the diaphragm; 



FIG. 2. How carbon microphones are con¬ 
nected to produce an output signal. The single- 
button type is shown in A, the double-button 
in B.. 

This varying resistance can be made 
to vary the current in a circuit by 
connecting the buttons in series with 
a battery. 

The electrical connections for both 
single and double-button types are 
shown in Figs. 2A and 2B, respective¬ 
ly. In each circuit, the resistance Rj 
is used to adjust the current to the 
desired initial value. Then the micro¬ 
phone causes the current to increase 
and decrease above and below this 
starting value in step with the sound 
waves. This varying current flowing 
through the primary of transformer 
T x induces a voltage in the trans¬ 
former secondary; this voltage be¬ 
comes the signal output of the micro¬ 
phone and can be fed to the grid of 
the first amplifier stage, either direct¬ 
ly or through a transmission line. The 


transformer is necessary to match the 
low impedance of the microphone (200 
to 500 ohms) properly to the trans¬ 
mission line or the grid of the first 
amplifier tube. 

The double-button type is capable 
of giving better frequency response 
than the single-button. Both carbon 
microphones are relatively noisy com¬ 
pared to other types, however. Tiny 
sparks are formed as the carbon 
grains press together or loosen up, 
with the result that there is always 
an appreciable noise output. Although 
the carbon microphone gives a greater 
output than any other type, this noise 
trouble, and the need to use a rather 
large battery with it, have led to its 
almost complete disappearance from 
public address work. Today the only 
carbon microphones you’re likely to 
find are certain hand-held micro¬ 
phones of the telephone type. 

CONDENSER MICROPHONES 

The condenser microphone, shown 
schematically in Fig. 3, is essentially 
a condenser whose two plates consist 
of a flexible diaphragm and a fixed 
plate. In Fig. 3, the diaphragm D is 
held in the clamp rings R, much as is 



FIG. 3. How a condenser 
microphone is connected to 
produce an output signal. 


the diaphragm of a carbon micro¬ 
phone. The plate P is very close to 
the diaphragm. The battery B fur¬ 
nishes a high voltage that charges the 
condenser formed by D and P. As 
the diaphragm is vibrated by sound 
waves, it alternately approaches and 
moves away from the plate P. This 
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increases and decreases the capacity. 
For a fixed voltage, the amount of 
charge that can be held by a con¬ 
denser depends on its capacity, so 
this variation in capacity obviously 
changes the amount of charge stored 
in the microphone. Hence, a varying 



Courtesy The Turner Co. 


FIG. 4. Cut-away view of a crystal microphone. 


current flows through R x as the charge 
increases and decreases. The varying 
voltage drop across R x is the signal 
output of the microphone; this is fed 
out through the coupling condenser 

c,. 

Since the capacity of the condenser 
microphone is very small, the current 
change caused by movements of the 
diaphragm is measured in micro¬ 
amperes. As a result, Ri must be very 
high in resistance for there to be an 
appreciable signal voltage. This 
means that the microphone must feed 
into a very high impedance for there 
to be an efficient signal transfer; as 
you know, any such high-impedance 
connection would be subject to hum 
and noise pickup if there were any 
considerable length of line between 
the microphone and the amplifier. Be¬ 
cause of this fact, and because of the 
low output of the microphone, it is 
necessary to have a preamplifier right 


at the microphone; customarily, as a 
matter of fact, it is built into the 
microphone housing. Therefore, the 
housing must be rather large. Fur¬ 
thermore, the charging voltage for the 
microphone must be fairly high and 
must be pure d.c. if hum is to be 
avoided. Therefore, either batteries or 
an exceedingly well-filtered power 
supply is required. 

Since a preamplifier is always a 
part of the microphone unit, it is 
customary to rate the output of a con¬ 
denser microphone in terms of the 
preamplifier output. The condenser 
microphone therefore delivers a com¬ 
paratively large output. However, its 
bulky nature and critical power-sup¬ 
ply requirements make this a rela¬ 
tively unpopular type for p.a. use. 

CRYSTAL MICROPHONES 

Fig. 4 shows a cut-away view of a 
typical crystal microphone, and Fig. 5 
shows its operational details. Once 
again we have a diaphragm that is 
clamped in a retaining ring. This 
diaphragm is coupled mechanically 
through a drive pin to a pair of 
Rochelle salt crystals. These crystals 




FIG. 5. How a crystal 
microphone is connected to 
produce an output signal. 


are very similar to the ones used in 
phonograph pickups. Two crystals are 
used, connected back to back. One 
terminal of the microphone unit is a 
tinfoil plate in contact with the two 
crystals where they join. On the out¬ 
side of each crystal there is another 
plate; these plates are connected to 
form the other terminal. 



Rochelle salt crystals exhibit what 
is known as the “piezo-electric” ef¬ 
fect, meaning that a voltage will ap¬ 
pear on the opposite faces of the crys¬ 
tal if the crystal is mechanically 
stressed in any way (or, conversely, 
that the crystal will be temporarily 
deformed if a voltage is applied to its 
opposite faces). In this unit, one edge 
of the crystal assembly is clamped 
tightly in the case and the other edge 
or corner of the assembly is secured 
to the diaphragm. As the diaphragm 
moves back and forth, the crystals are 
bent or twisted, which causes them to 
generate a voltage. 

Fig. 6 shows another form in which 
a crystal microphone may be manu¬ 
factured. In this unit, known as a 
“sound cell,” groups of crystals are 
cemented into frames. The diaphragm 
and driving pin are dispensed with 
and the crystal units are acted upon 
directly by the sound waves. 

Because the surface that is worked 
on by the sound waves is less in this 
microphone, the output is smaller 
than it is in one using a diaphragm. 



Courtesy Shure Bros. 


This shows what a typical crystal microphone 
looks like. 


However, the sound cell microphone 
is less affected by shock and vibration 
than is the diaphragm type, so it is 
popular in uses where it may be sub¬ 
jected to rough handling. 

The crystal microphone is relatively 
rugged, and is less expensive than 
some of the other types. These fac¬ 
tors make it one of the most popular 



FIG. 6. Cut-away view of a sound-cell micro- 
phone. 

of the microphones used in p.a. work. 

It does have certain disadvantages, 
however, chief of which is that the 
crystals can be destroyed by very 
rough handling or by high tempera¬ 
tures. A crystal microphone cannot 
be used, therefore, in any location 
where conditions of high heat may 
exist. It is not a good microphone for 
use in a sound truck or for outdoor 
locations where the sun may get to 
work on it. 

In the cut-away view in Fig. 4, 
there is a space in the microphone 
case marked “resonance chamber.” 
We'll explain the purpose of this 
shortly. 

DYNAMIC MICROPHONES 

The dynamic microphone is almost 
the same as a p.m. dynamic loud¬ 
speaker, except that the cone is re¬ 
placed by a diaphragm. Figs. 7 and 8 
show the details of a typical one. A 
voice coil is placed in an air gap so 
that it is in a very strong magnetic 
field. When the diaphragm is actu¬ 
ated by sound waves, the voice coil 
(which is secured to the diaphragm) 
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is forced to move in and out through 
the magnetic field; as a result, a volt¬ 
age is induced in the coil. This is 
passed on through a transformer 
mounted in the case to the output 
terminals. 

As a matter of fact, a small p.m. 
dynamic speaker makes a relatively 
acceptable microphone—this idea is 
commonly used in intercommunica¬ 
tion systems where the dynamic loud¬ 
speaker acts as a microphone when 
the appropriate switch is set in the 
“talk” position, but then is switched 
to be an actual loudspeaker at the 
output of the amplifier when the 
switch is allowed to return to its nor¬ 
mal “listen” position. You’ll learn 
more about this elsewhere. 

The dynamic microphone is one of 
the most popular types used in p.a. 
work. It costs somewhat more than 
the average crystal microphone but is 
very rugged. It can be used where 
temperature and humidity conditions 
make the crystal type unsuitable. 

Although the dynamic microphone 
is not commonly a high-fidelity mi¬ 
crophone, it can be made to have a 
good frequency response, as v r e shall 
see. 


AIR-RESISTANCE LOADING 

In all of the microphones discussed 
so far except the sound cell, a dia- 



Courtesy The Turner Co. 


FIG. 7. Cut-away view of a dynamic microphone 


phragm is used to convert motions of 
air particles into mechanical motion 
that may be used to generate the de¬ 
sired electric current. All such dia¬ 
phragms contain sufficient material to 
have a certain amount of mass, and 
they are mounted so that the natural 
springiness of the material will tend 
to restore it to its original shape when 



FIG. 8. How a dynamic 
microphone is connected to 
produce an output signal. 


sound pressure is removed. Since it 
has mass and springiness, which are 
the mechanical equivalents of induct¬ 
ance and capacity respectively, the 
diaphragm has a resonant frequency 
at which it will vibrate most readily. 
This resonant point is quite likely to 
occur in the audio spectrum, with the 
result that the microphone will exhit 
a very undesirable peak in its re¬ 
sponse. 

To a great extent, this peak can be 
ironed out by enclosing the back of 
the microphone so as to form an air 
chamber. A cut-away view of this 
arrangement in one form of dynamic 
microphone is shown in Fig. 9. A 
small tube, or vent, connects the air 
chamber to the outside air. You can 
understand the function of this vent 
readily if you have ever used a pump 
of the sort used to inflate footballs. 
Such a pump has a small, removable, 
hollow needle at one end through 
wdiich the air being pumped out must 
pass. It is appreciably harder to 
pump air through this needle than it 
is to operate the pump with the needle 
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removed. The reason is that the small 
opening offers considerable resistance 
to the movement of air through it. 

By the same token, the small vent 
in the air chamber of the microphone 
in Fig. 9 does not pass air readily. 
Thus, when the diaphragm in this 
microphone moves inward, part of the 
energy of its motion is absorbed in 
forcing air out through the vent. If 
we again consider the diaphragm to be 
a resonant device, we can say that 
the air chamber and vent add resist-* 
ance to the circuit. You know that 
adding resistance to an electrical reso¬ 
nant circuit reduces its output at the 
resonant frequency; similarly, the ad¬ 
dition of this acoustical resistance to 
our mechanical-acoustical circuit re¬ 
duces the tendency of the diaphragm 
to vibrate at its resonant frequency. 
As a matter of fact, it is possible to 
eliminate resonant effects almost com¬ 
pletely by designing the air chamber 
and vent properly. 

The cut-away views in Figs. 4 and 
7 show the air chambers. Although 
Fig. 9 shows a dynamic microphone, 
the same general principle can be 
made to apply to others with dia¬ 
phragms. Such microphones are called 
“pressure” microphones, because the 
voltages they generate are directly 
proportional to the pressures of the 
sound waves striking them. 


COIL DIAPHRAGM 



FIG. 9. Cut-away view showing the resonance 
chamber and vent in a dynamic microphone. 



Courtesy RCA 


FIG. 10. A typical velocity microphone. 

RIBBON MICROPHONES 

The ribbon microphone, shown in 
Figs. 10 and 11, is rather different 
from the types we have discussed so 
far, because it has no circular dia¬ 
phragm. Instead, a very thin ribbon 
of an aluminum alloy is suspended 
between the poles of a powerful mag¬ 
net. The ribbon is clamped at its 
ends, where connecting wires attach 
it directly to a matching transformer. 
The ribbon completes the primary cir¬ 
cuit of this transformer and therefore 
acts as a 1-turn coil. When it moves 
in the magnetic field, a voltage is 
induced in it. 

To permit movement of the ribbon, 
it is crimped or “accordion pleated.” 
This ribbon has no springiness what¬ 
ever, and very little mass—it is so 
light that it practically floats in air. 
When sound waves strike it, the rib¬ 
bon moves back and forth in step 
with the air particles. The micro¬ 
phone is enclosed only by a perforated 
shield (which was removed before the 
picture in Fig. 11 was made) that of¬ 
fers no resistance to the free move¬ 
ment of air in and out. 

Since the ribbon moves in step with 
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the moving air particles just as if it 
were an additional air particle, it is 
said to respond to the velocity of the 
air particles rather than directly to 
the actual pressure of the wave. For 
this reason, you’ll find that the ribbon 
microphone having both the front and 
back of the ribbon exposed to sound 
waves is - called a “velocity” micro¬ 
phone. 

Pressure Type. It is possible to 
make the ribbon microphone respond 
to sound pressure like other micro¬ 
phones, however, by enclosing the 
back of the ribbon in an air chamber. 
Fig. 12 shows the most common way 
of doing this. A pipe is used to enclose 
the rear surfaces of the ribbon com¬ 
pletely. This pipe then leads down 
into a box at the bottom of the micro¬ 
phone where there is an air chamber. 
Enclosed on one side in this manner, 
the ribbon acts like a diaphragm, so 
the microphone becomes a pressure- 
actuated device. 

The ribbon microphone is rarely 
used in p.a. work, because of its ex¬ 
treme delicacy. A single gust of wind, 
or a sharp puff of air from a person 
speaking directly into one, will un- 



Courtesy RCA 

FIG. 11. Internal appearance of a velocity 
microphone. 



FIG. 12. Front view (A) and side view (B) of 
the internal appearance of a pressure-operated 
ribbon microphone. 


crimp and straighten out the ribbon 
so that it sags completely out of posi¬ 
tion. This calls for a replacement of 
the ribbon, which can be done only 
at the factory. When these micro¬ 
phones are moved, they must be car¬ 
ried in a normal operating position— 
that is, with the ribbon in a vertical 
plane. Carrying the microphone in a 
horizontal position makes the ribbon 
sag or stretch. Jarring or rough han¬ 
dling may cause the ribbon to move 
far beyond its normal limits, with the 
result that it may be stretched out of 
shape or even stick to the magnet. In 
addition, rough handling may cause 
the magnet to move. The spacing in 
this microphone is very small to begin 
with, so even a slight change in the 
position of the magnet will restrict the 
air gap so much that the ribbon can¬ 
not move properly in it. 

Despite all these difficulties, the 
velocity microphone is used in some 
high-quality installations, particularly 
when music is being picked up, be¬ 
cause it offers higher fidelity than 
does any other kind of microphone 
commonly used. Should you encoun¬ 
ter such a microphone, remember the 
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above characteristics. Shield it al¬ 
ways from wind, and instruct persons 
speaking into it to stay well away 
from it and speak “across” the face 
of the microphone rather than direct¬ 
ly into it. Always see to it that a 
velocity microphone is kept away 
from alternating current fields such as 
may be produced by power trans¬ 
formers and by power lines. If any¬ 
thing is the matter with such a micro¬ 
phone, don’t open it; it must go back 
to the factory for repair. Under fac¬ 
tory conditions, in air-conditioned, 
dust-free rooms, it is possible to re¬ 
pair one. However, even taking the 
screen off to examine such a micro¬ 
phone in an ordinary service shop is 
quite likely to permit metal particles 
to get into the air gap and prevent 
it from working. 

For that matter, it is not desirable 
to try to repair any kind of micro¬ 
phone. If you suspect the microphone 
of causing trouble, it is far better to 
try another in its place. If the sub¬ 
stitute works properly, then some¬ 
thing is 4he matter with the original 
microphone and it should be sent 
back to the factory for repair. 

You have now learned basically 
how all the important types of micro¬ 
phones work, except for the cardioid 
types, which are combination micro¬ 
phones that we shall discuss a little 
later. Now let’s compare the char¬ 
acteristics of the various microphones 
to see what makes one type better 
than the others for different uses. 

FREQUENCY RESPONSE 

Practically any kind of microphone 
will prove satisfactory for voice pick¬ 
up. However, there is quite a differ¬ 
ence in the responses of microphones 
to music. Furthermore, we can’t say 
that just because a particular micro¬ 
phone happens to be a crystal type 
or a dynamic type that it necessarily 


must have a certain specific fidelity, 
because it is quite possible to get a 
better response by careful design of 
the unit. For example, many of the 
more common dynamic microphones 
are reasonably flat over a frequency 
range of only 100 to 5000 cycles, but 
high-fidelity types are available that 
have flat responses from 25 cycles to 
12,000 cycles. Other dynamics have 
responses in between these two ex¬ 
tremes. 

The same can be said for the crystal 
microphone, whose response may 
range from perhaps 100 to 7000 cycles 
to as much as 30 to 10,000 cycles. 
Velocity types are practically all high 
fidelity, with responses from 40 to 
somewhere between 10,000 and 15,000 
cycles, depending on design. 

The obsolete carbon types were all 
low-fidelity units, which is one reason 
for their disappearance from the p.a. 
field. The condenser microphone ac¬ 
tually offers the widest frequency re¬ 
sponse of all, but, because of the dis¬ 
advantages we discussed earlier, it is 
not used in p.a. Therefore, in general, 
if the conditions of use would permit 
either the crystal or dynamic micro¬ 
phone to be used, it is necessary to be 
sure that the one chosen has a fre¬ 
quency response that is suitable for 
the fidelity wanted. Naturally, the 
prices of microphones go up as their 
fidelity becomes better, because a 
high-fidelity microphone must be 
carefully made and uses costly mate¬ 
rials. At the same time, high-fidelity 
microphones are usually more deli¬ 
cate than are low-fidelity units. 
Hence, it is common practice to 
choose a microphone that meets the 
fidelity requirements of the installa¬ 
tion but does not exceed them much. 

Microphones, are like loudspeakers 
in that their response over a frequency 
range is not uniform but instead has 
many peaks and dips. In general, the 
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dynamic microphone is particularly 
subject to such variations and the 
velocity type is least subject to them. 
However, a well-made, high-quality 
microphone will have a smoother re¬ 
sponse than an inexpensive type. 

PICKUP PATTERNS 

Microphones do not respond equal¬ 
ly to sounds coming from different 
directions. Some types exhibit definite 
directional characteristics. 

All of the diaphragm types that we 
have studied are usually made with 
an enclosure at the rear of the dia¬ 
phragm. Effectively, therefore, the 
diaphragm faces only one way in these 
units. As you might expect, they are 
much more sensitive to those sounds 
coming straight toward the front of 
the diaphragm than they are to 
sounds coming from other directions. 

However, these types are classed 
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FIG. 13. This graph shows how a nondireetional 
microphone picks up sound coming From various 
directions. The response at three different Fre¬ 
quencies is shown. The Front oF the microphone 
Faces the 0° line. 

as non-directional microphones be¬ 
cause at low frequencies (below 1000 
cycles) they do tend to respond to 
sound waves from all directions. This 
comes about because at these fre¬ 
quencies the microphone itself is 


rather small in comparison to a wave 

length, with the result that the dia¬ 
phragm is operated upon by the pres¬ 
sure of a sound wave regardless of the 
direction of the wave. At higher fre¬ 
quencies, however, these microphones 
become at least semi-directional in 
that they respond better to sound 
coming from the front (see Fig. 13). 



FIG. 14. A microphone that is relatively non- 
directional in its normal position (A) becomes 
even more so if it is turned to Face upward (B). 
The response can be Further improved by putting 
a shield above the microphone (Q. 

If such a microphone is to exhibit 
good frequency response, then, it 
must be made to face the source of the 
sound so that its response will be ap¬ 
proximately equal to all frequencies 
in its normal response range. Hence, 
the microphone and its stand must be 
placed so that the microphone faces 
the source of the sound that is to be 
picked up. 

If sounds from several different 
directions are wanted, the microphone 
can be made much more non-direc¬ 
tional by pointing it upward. For ex¬ 
ample, in Fig. 14A, the microphone 
faces the left, so sounds coming from 
this direction will be picked up best. 
The sound pickup will be poorest from 
the right in this drawing. However, 
if the microphone is swiveled on its 
stand so that it faces directly upward 
(Fig. 14B), it will receive sound best 
from directly overhead, but will pick 
up equally from all horizontal direc¬ 
tions. 

An improvement over this latter ar¬ 
rangement is shown in Fig. 14C. Here 
a metal shield is placed a short dis- 
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tance from the opening of the micro¬ 
phone. This prevents sound coming 
from directly overhead from being 
picked up much and improves the 
pickup from the sides. 

The ribbon microphones that have 
their rear sides enclosed in a baffle, 
which makes them pressure-actuated, 
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FIG. 1 5. The response curves of a bidirectional 
velocity microphone. 

operate just like other pressure micro¬ 
phones as far as directionality of 
pickup goes. Of course, as you learned 
earlier, these microphones should not 
be turned upward because of the pos¬ 
sibility that the ribbon will be dam¬ 
aged. Velocity ribbon microphones, 
which are open on two sides, are most 
sensitive from directly in front or di¬ 
rectly in back, and least sensitive at 
the sides, as shown in Fig. 15. Sound 
is blocked off from the sides by the 
mass of the magnetic structure and by 
the wind shield that encloses the micro¬ 
phone. Therefore, response is greatest 
along the 0° and 180° lines in Fig. 15, 
and decreases gradually to a minimum 
at 90° and at 270°. 

This bidirectional response can fre¬ 
quently be made use of when you 
have two different sound sources to 
pick up simultaneously. Suppose, for 


example, you want to pick up the 
music of an orchestra that is playing 
in a pit in front of a stage. The or¬ 
chestra will be in two groups, with the 
conductor in the middle. You can get 
the desired pickup by placing the 
microphone in front of the conductor 
and orienting it so that the two halves 
of the orchestra are in line with the 
lines of maximum response of the 
microphone. This orientation will not 
only permit the orchestra to be picked 
up well but will also minimize pickup 
from the audience, which will be on 
either the 90° or 270° line of the 
microphone. 

Incidentally, the problem of pick¬ 
ing up unwanted sounds such as aud¬ 
ience noise, is a severe one in p.a. in¬ 
stallations. In fact, very often the 
possibility of noise pickup determines 
both the kind of microphone that 
should be used and the place where it 
should be located. We shall have 
more to say about this later in this 
Lesson. 

Gardioid Responses. Several mi¬ 
crophones have been developed that 



FIG. 16. The cardioid response is produced by 
combining the responses of a velocity and a 
pressure unit. 


are combinations of pressure-operated 
and velocity-operated units. These 
have pickup patterns like that shown 
in Fig. 16. This pattern is said to 
have a “cardioid” shape, because it 
resembles somewhat the shape of a 
heart. 

A microphone having this response 
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picks up best from in front, less well 
from the sides, and very little from 
the rear. It is therefore very useful 
in applications where there is a single 
source of unwanted noise: the micro¬ 
phone can be turned so that its rear 
is toward the noise source, and pickup 
of the noise will be minimized. 



180 * 


FIG. 1 7. The response curve of one type of 
cardioid microphone. Notice the difference be¬ 
tween this curve and the true cardioid shown in 
Fis. 16. 

It is also possible to make a micro¬ 
phone having the modified pickup 
pattern shown in Fig. 17. As you can 
see, this pattern has two minimums. 
The microphone will pick up to some 
extent from the rear but nowhere near 
as much as from the front. At angles 
of about 130 and 230 degrees, it has 
minimum response. A microphone 
having these characteristics is par¬ 
ticularly useful where there are two 
noise sources. 

The cardioid microphone usually 
contains a ribbon velocity element in 
combination with something that will 
act as a pressure device. The kind 
shown in Fig. 18 has a ribbon element 
on top and a dynamic unit under¬ 
neath it. A switch arrangement makes 
it possible to use the ribbon alone for 
a bi-directional response, the mag¬ 
netic unit alone for a non-directional 


response, or the two in combination 
for a cardioid response. The amount 
of response from the two units can be 
varied to produce the response shown 
in Fig. 17, also. 

Other combinations are also avail¬ 
able, such as a ribbon and crystal 
unit. A third variety uses only a rib¬ 
bon that has an air chamber behind 
half the ribbon and none behind the 
rest of the ribbon. With this unit, 
the half with the air chamber acts as 
a pressure-actuated type and the. 
other half, of course, as the velocity 
unit. 

Still another kind of microphone, 
known as the Super-Cardioid, has the 
directional effects of the 2-unit cardi¬ 
oid but contains only a single pres¬ 
sure-actuated unit (either crystal or 
dynamic). The cardioid effect is 
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achieved by incorporating a special 

acoustic chamber in the microphone 
housing. 

The cardioid reception pattern is 
obtained from a combination of pres¬ 
sure and velocity units because of the 
difference in the manner in which the 
two units respond to sound waves. 
When the waves come from the front 
of the microphone, both units are en¬ 
ergized simultaneously. Their signal 
voltages are therefore in phase; and, 
when they are added in a suitable 
network, they produce an increased 
output. When the sound waves come 
from the back of the microphone, 
however, the action is not the same. 
The velocity unit is energized as soon 
as the waves reach the microphone, 
but the pressure unit is not energized 
until the waves reach the front of the 
microphone a short time later. The 
output signals of the two units are 
now out of phase; therefore, they can¬ 
cel when they are combined, produc¬ 
ing a minimum response to waves 
coming from the rear of the micro¬ 
phone. 

Incidentally, the bi-directional re¬ 
sponse of the velocity microphone 
does not vary much with frequency: 
practically the same pattern is ob¬ 
tained for all frequencies to which the 
microphone responds. Some of this 
same effect is carried over to the car¬ 
dioid, although here the pressure- 
actuated device can cause the pattern 
to vary somewhat with frequency. 

Although it is never a true cardioid, 
the response of a non-directional mi¬ 
crophone can be sharpened so that the 
response is mostly from the front by 
the use of an acoustic shield around 
the face of the microphone. Such a 
shield plate cuts down on the energy 
received from any direction except the 
front. Certain microphones come 
equipped with such shields; they are 
usually removable so that non-direc¬ 


tional response can be obtained when 
it is desired. 

MICROPHONE OUTPUTS 

Microphones differ considerably in 
their output levels, even though all 
are low and require the use of high- 
gain amplifiers. The carbon micro¬ 
phone has the greatest output for a 
fixed sound level; the condenser mi¬ 
crophone and its built-in amplifier 
have nearly as much; the crystal mi¬ 
crophone has the next greatest out¬ 
put ; and the dynamic microphone 
output ranges from about the level of 
the crystal microphone down to that 
of the velocity, which has the least 
power output. 

Naturally, if you are to drive an 
amplifier to full output, the micro¬ 
phone you use with it must supply at 
least the minimum input power for 
which the amplifier was designed. As 
a practical matter, it is best to use 
the kind of microphone recommended 
by the manufacturer of the amplifier, 
if he makes any recommendation. If 
the amplifier manufacturer does not 
recommend a specific microphone, you 
must choose one that has a suitable 
output. If low-impedance dynamic 
and velocity microphones can be used 
with a particular amplifier, any other 
kind can also be used with it, because 
all other kinds have higher outputs. 

Microphone sensitivity ratings are 
often confusing, because at least six 
different reference levels are in use. 
Most manufacturers rate their micro¬ 
phones in terms of the electrical out¬ 
put across a properly matched load 
at a reference frequency, with respect 
to a particular reference sound pres¬ 
sure. A few rate microphones un¬ 
loaded, however; doing so givfes an 
output that is 6 db more than it will 
actually be when the microphone is 
properly matched. (The unloaded 
voltage is higher because, when the 
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microphone is properly loaded by an 
impedance equal to its own imped¬ 
ance, half the source voltage is 
dropped across the microphone im¬ 
pedance.) 

Microphones are usually rated in 
terms of decibels down from either a 
reference voltage or a reference power, 
with the reference sound pressure 
given in dynes per square centimeter. 
(Sometimes the pressure is stated in 
bars; a bar is equal to one dyne per 
square centimeter.) 

The reference voltage is usually 1 
volt, but the reference power may 
either be 1 milliwatt or 6 milliwatts. 
Table 1 gives the six most commonly 
used reference levels. As a typical ex¬ 
ample, you may find the rating of a 


TABLE I 

1 voll/l dyne/cm 2 
1 volt/10 dynes/cm 2 
1 volt/100 dynes/cm 2 
.001 ■watt/1 dyne/cm 2 
.001 watt/10 dynes/cm 2 
.006 watt/10 dynes/cm 2 


microphone given as “—50 db below 
1 volt/1 dyne/cm 2 into a load of 1 
megohm.” When the complete rating 
is given this way, you know at least 
what reference level was used. On the 
other hand, if the listing is just “—50 
db,” as it frequently is in supply- 
house catalogs, you won’t know what 
reference level was used; and you 
may be badly misled if you compare 
the output level of this particular mi¬ 
crophone with that of another that 
was rated on the basis of a different 
reference. 

For example, three different pres¬ 
sure reference levels are given in 
Table 1, each 10 times the pressure 
of the one preceding. A 10-times dif¬ 
ference in pressure on a microphone 
increases its output by 20 db. There¬ 
fore, the same microphone could be 
rated at —70 db below 1 volt/1 dyne/ 


cm 2 , or —50 db below 1 volt/10 
dynes/cm 2 , or —30 db below 1 volt/ 
100 dynes/cm 2 . 

Similarly, a power rating in terms 
of 1 milliwatt is 8 db higher than it 
would be if the microphone were rated 
on the basis of a 6-milliwatt reference 
level. In other words, a microphone 
rated at —50 db for the 1-milliwat.t 
level would have to be rated at —58 
db if the 6-milliwatt level were used 
as the reference. 

All this means that we have to be 
careful to choose a microphone whose 
db output level is high enough to give 
full rated output from the amplifier 
used. Then, when we compare micro¬ 
phones made by different manufac¬ 
turers, we must be careful always to 
make sure that their ratings are in 
terms of the same reference; other¬ 
wise, we may get the wrong idea of 
their relative outputs. If you cannot 
tell what rating standard was used 
from the information given, write 
both the manufacturer of the micro¬ 
phone and the manufacturer of the 
amplifier. One or the other will be 
able to tell you whether the particular 
microphone and amplifier you are in¬ 
terested in will work properly to¬ 
gether. 

Of course, once you have had ex¬ 
perience with particular brands of 
microphones, you won’t have to worry 
about the reference standards used, 
because you will know what their rat¬ 
ings are. 

MICROPHONE IMPEDANCES 

In general, microphones are classed 
as either low impedance or high im¬ 
pedance. The ribbon microphone has 
a very low impedance, and it nearly 
always has a built-in transformer that 
is designed to match the microphone 
either to a 500-ohm audio line or di¬ 
rectly to the grid of an amplifier tube. 
Dynamic microphones have imped- 
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ances ranging from around 8 ohms up 
to about 50 ohms. Sometimes built-in 
transformers won’t be provided with 
those around 50 ohms, but the ones 
commonly used in p.a. work all have 
transformers designed to match them 
to 500 ohms or to a high-impedance 
input. 

The only other common type—the 
crystal microphone—is usually a 
high-impedance microphone. 

Amplifier inputs are generally de¬ 
signed either for high-impedance mi¬ 
crophones or for 500-ohm transmis¬ 
sion lines. One designed for a high- 
impedance microphone can be used 
with either a crystal microphone or a 
magnetic or velocity microphone that 
has an appropriate matching trans¬ 
former. 

When high-impedance inputs are 
used, the cable from the microphone 
to the amplifier cannot be very long. 
One reason is that there will be con¬ 
siderable frequency attenuation, as we 
shall learn elsewhere. Another reason 
is that if any point in the circuit is at 
a high impedance with respect to 
ground, very small stray hum and 
noise fields will introduce fairly large 
disturbing voltages. And, of course, 
the longer the section of the circuit 
above ground, the more likely there is 
to be trouble. It is therefore necessary 
to keep the microphone cable as short 
as possible—lengths are usually held 
to 10 to 25 feet at the most. 

If the amplifier has a 500-ohm in¬ 
put, on the other hand, it is possible 
to use a 500-ohm transmission line, 


which permits cable lengths to be as 
much as 1000 feet. When a 500-ohm 
line is used, it is of course necessary 
that the microphone have a trans¬ 
former designed to match it to the 
line and that the line be matched to 
the grid of the input tube of the am¬ 
plifier by another transformer. 

As a general rule, therefore, we can 
say that if the microphone is to be 
used within 10 to 25 feet of the am¬ 
plifier, we can use a high-impedance 
microphone that is connected directly 
to the amplifier. This may be either 
a crystal microphone or a dynamic or 
velocity microphone containing a 
transformer that matches its imped¬ 
ance to that of the amplifier input 
circuit. A dynamic or velocity micro¬ 
phone that is matched to 500 ohms by 
its built-in transformer can also be 
used if it is connected to the 500-ohm 
input of the amplifier or if it is con¬ 
nected to another transformer that 
will match 500 ohms to the high- 
impedance input of the amplifier. 

On the other hand, if the micro¬ 
phone is to be used at a greater dis¬ 
tance from the amplifier, we must 
either use a low-impedance type 
matched to a 500-ohm line, which in 
turn is matched to the amplifier, or we 
must feed from a high-impedance mi¬ 
crophone into a preamplifier that is a 
separate unit from the main ampli¬ 
fier. Then, this preamplifier can be 
connected to the main amplifier at a 
distance by proper matching through 
a 500-ohm line, as we will show later. 
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Loudspeakers and Their Enclosures 


You have studied loudspeakers else¬ 
where in your Course, so we shall not 
have to spend time here to describe 
their operation. Instead, we shall dis¬ 
cuss their use in p.a. work. 

A few magnetic loudspeakers are 
used in p.a. installations, but dynam¬ 
ics are by far the most common. Per¬ 
manent-magnet dynamics are almost 
always the kind chosen, because they 
do not require a field supply. Since 
the loudspeakers must frequently be 
mounted at a great distance from the 
amplifier, it would be impractical to 
furnish a field supply from the am¬ 
plifier, because the extra pair of leads 
in the cable would greatly increase 
the cost and complicate the installa¬ 
tion. Therefore, if an electrodynamic 
loudspeaker were to be used in such 
cases, it would have to have its own 
built-in field supply, which would 
have to be connected to a source of 
power. This would greatly increase 
the expense and would probably cause 
a higher hum level. 

Therefore, the electrodynamic loud¬ 
speaker is commonly used only in 
small portable p.a. systems in which 
the loudspeaker is built into the am¬ 
plifier assembly or is connected to it 
by a rather short cable. 

The voice coil impedances of the 
loudspeakers used in p.a. work are 
similar to those of the loudspeakers 
used in home radio receivers: 4 ohms, 
8 ohms, and 16 ohms are the most 
common. 

Two basic loudspeaker types are 
used in p.a. installations. One is the 
familiar kind in which the voice coil 
drives a paper cone; in the other, the 
voice coil drives a metal diaphragm. 

The paper-cone type is usually 
found in the lower-powered indoor 
installations and in high-fidelity in¬ 


stallations in which large amounts of 
low-frequency power must be han¬ 
dled. In the latter case, cone-type 
loudspeakers are used because of the 
nature of the baffle enclosures that 
must be used to give the desired 
fidelity. 

The cone-type loudspeaker has two 
major disadvantages. One is that it 
is remarkably inefficient. Even when 
it is placed in a proper baffle enclo¬ 
sure, it is usually considered to be no 
more than 2% efficient. This means 
that only 2 % of the audio power fed 
to the loudspeaker is actually con¬ 
verted into sound power. Fortunately, 
the human ear responds remarkably 
well to very small amounts of sound 
power, or cone loudspeakers would be 
completely impractical. 

Another disadvantage of the cone 
loudspeaker is the fact that the paper 
cone will deteriorate with age, par¬ 
ticularly if it is subjected to condi¬ 
tions of high humidity. Naturally, 
such a paper cone could not be used 
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This is a typical driver unit used with horn 
loudspeakers. 
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FIG. 19. An early form of horn loudspeaker 
equipped with a driver unit is shown in A. In 
the modern form, shown in B, reflections within 
the sound chamber are eliminated by adding a 
plug in the throat and by shaping the diaphragm 
to match the end of the plug. 

outdoors without ample protection 
against weather. 

These disadvantages of cone loud¬ 
speakers have led to the development 
of high-powered driver-type units 
that have metal diaphragms instead 
of paper cones. Such driver units are 
invariably used with horn enclosures, 
which we shall describe shortly. When 
the diaphragm is properly coupled to 
the air by a horn enclosure, it is pos¬ 
sible to get an efficiency of 15% to 
perhaps 30% from a driver unit. 

The basic structure of a driver unit 
is shown in Fig. 19A. For the horn 
size to be practical, the throat of the 
horn must be relatively small, consid¬ 
erably smaller than the diaphragm. 
Therefore, the diaphragm in this fig¬ 
ure drives the throat through a sound 
chamber. Effectively this gives a very 
good coupling to the air, with the re¬ 
sult that large amounts of air are 
moved at tfce throat. However, there 
is some difficulty with the frequency 
response, because, particularly at high 
frequencies, there are reflections with¬ 
in the sound chamber. 


Fig. 19B shows one way this prob¬ 
lem can be solved. As you can see, 
the diaphragm has a ball-shaped in¬ 
dent in it, and there is a plug in the 
center of the sound chamber whose 
rear edge is shaped like the indent in 
the diaphragm. The motiQn of the 
diaphragm forces air to flow around 
the plug and thence through the 
throat into the horn. This arrange¬ 
ment makes it practically impossible 
for any sound waves to be reflected 
from the walls of the sound chamber 
back to the diaphragm; instead, any 
reflected waves are channeled toward 
the throat by the sloping sides of the 
plug and the chamber. Many varia¬ 
tions of this plug system have been 
worked out, but they all work on sim¬ 
ilar principles. 

LOUDSPEAKER BAFFLES 

A cone loudspeaker unit must be 
enclosed in some form of baffle to 
produce a reasonable coupling to the 
air. The shape and size of this baffle 
in a radio receiver depend on the 
fidelity and the efficiency desired. The 
same factors enter into p.a. w r ork, and 
in addition, we have to worry about 
the possibility that sound from the 
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FIG. 20. These are box baffles of the sort com¬ 
monly used in portable p.a. systems. 
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loudspeaker may travel through the 
air to the microphone. If sufficient 
energy can get from the loudspeaker 
back to the microphone, the system 
can become a self-sustaining oscilla¬ 
tor, because this fed-back sound can 
replace the original sound and con¬ 
tinue to repeat itself over and over 
through* the microphone-amplifier- 
loudspeaker-air-microphone path. For 
this reason, loudspeaker baffles for 
p.a. work commonly have closed 
backs; this makes it possible to op¬ 
erate the loudspeaker near the micro¬ 
phone location without fear that the 
sound coming from the back surface 
of the loudspeaker cone will reach the 
microphone directly. An open baffle 
can be used only when the loudspeak¬ 
ers are located in such positions that 
feedback is unlikely. 

Let’s see what various common baf¬ 
fles are like. 

CONE-LOUDSPEAKER BAFFLES 

•The simplest enclosure for a cone 
loudspeaker is the box baffle shown 
in Fig. 20. Two such box baffles are 
commonly used in portable p.a. sys¬ 
tems, the two being so constructed 
that they can be secured together to 
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FIG. 81. A typical wall baffle. 



FIG. 88. Cross-sectional view of a bass reflex 
baffle. The arrows show the directions of the 
sound waves from the front and the back surfaces 
of the loudspeaker cones. 

form a closed box in which there is 
room for the amplifier when it is de¬ 
sired to carry the whole system from 
one place to another. 

A baffle of this sort is not sufficient 
to give high fidelity, but it is adequate 
for voice or popular music. Since the 
back of this baffle is completely open, 
it must be carefully located with re¬ 
spect to the microphone to prevent 
feedback from the loudspeaker to the 
microphone. 

Another simple baffle is shown in 
Fig. 21. This is a box that is intended 
to be hung on a wall. If enclosures 
of this sort are properly scattered 
around, well away from the micro¬ 
phone, it is possible to keep the feed¬ 
back down to a satisfactory level. 
This baffle is actually enclosed at the 
back when it is mounted firmly 
against the wall, but since it is 
mounted so that it faces into the 
room, it can feed sound into the mi¬ 
crophone unless the latter is carefully 
placed. 

The larger cabinet baffles that are 
used where better tone quality is 
desired are generally completely en¬ 
closed at the rear. In most instances, 


19 








such units are of the bass reflex type, 
an example of which is shown in 
Fig. 22. 

Any of the baffles described so far 
gives a relatively broad sound distri¬ 
bution somewhat like that obtained 
from a radio receiver. There are oc¬ 
casions, however, when it is desired 
to project sound in a more compact 
“bundle” to a distance, or when it is 



FIG. 23. A cone loudspeaker mounted in a 
projector housing. 

necessary to prevent sound from go¬ 
ing in certain directions to eliminate 
feedback. With cone loudspeakers, 
projectors (sometimes called trum¬ 
pets) are used for such occasions. An 
indoor type is shown in Fig. 23. Basic¬ 
ally, this is a directional enclosure, 



FIG. 24. A cross-sectional view of a cone loud¬ 
speaker mounted in a weatherproof projector. 
Such an assembly can be used outdoors. 
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FIG. 25. This shows how a cone loudspeaker 
mounted in a box baffle (A) and one mounted 
in a projector hom (B) differ in their sound 
distribution characteristics. 


very similar to a hom in its directive 
effects. 

Outdoors, a variation of the projec¬ 
tor is the only kind that is practicable 
with cone loudspeakers. Cones must 
be protected from the weather out¬ 
doors, so a weather-proof projector 
like the one shown in Fig. 24 is used. 
This is so designed that rain and 
spray will not seriously affect the 
cone even if they enter the mouth of 
the projector directly. 

Sound Distribution. Incidentally, 
the sound output from loudspeakers 
is rather peculiarly distributed. Fig. 
25A shows the result of using a cone 
in any standard wall or cabinet baffle. 
As you can see, low frequencies are 
distributed rather uniformly from the 
front of the baffle over a wide area. 
Medium and high frequencies become 
more and more directional, however; 
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the sound distribution at the highest 
frequencies is practically a narrow 
beam straight in front of the cone. 
This unequal sound distribution pre¬ 
sents quite a problem if we are inter¬ 
ested in high-fidelity sound distribu¬ 
tion. It is obvious that only the 



Courtesy University Loudspeakers, Inc. 

FIG. 26. A double loudspeaker designed lo 
give wide-angle distribution of high-frequency 
sounds, 

people who are directly in front of the 
cone will get all the frequencies with 
equal intensity. 

The projector distribution shown in 
Fig. 25B is much more nearly uni¬ 
form. However, here we run into the 
fact that the projector isn’t a very 
good baffle, because its low-frequency 
response is poor for reasonable pro- 



Courtesy Jensen Mjy. Co. 

FIG. 27. A cellular high-frequency hom. 

jector sizes. In other words, a pro¬ 
jector gives more uniform sound dis¬ 
tribution with frequency than a box 
baffle does, but the box baffle gives 
better fidelity. 

To improve sound distribution, 


high-fidelity installations frequently 
use dual loudspeakers. In such instal¬ 
lations, a large cone loudspeaker is 
used to give low-frequency coverage; 
the high frequencies are handled by a 
small loudspeaker unit (usually a 
driver type) that is designed to give 
an angle of coverage that approxi¬ 
mates the medium-frequency cover¬ 
age of the large cone. Fig. 26 shows 
one type of high-frequency loud¬ 
speaker, which consists of a pair of 
driver units arranged with dual horns 
at such an angle that a rather wide 
coverage is obtained. Fig. 27 shows a 
“cellular” construction in which the 



Courtesy Jensen Mjg . Co. 


FIG. 28. A typical coaxial loudspeaker. 

horn is broken into segments that dis¬ 
perse the sound to give a wide angle 
of coverage. This horn is driven by 
a single driver unit. 

A form of dual loudspeaker that is 
commonly used in high-fidelity in¬ 
stallations is shown in Fig. 28. This 
unit, called a coaxial loudspeaker, is 
used chiefly because it has a wide fre¬ 
quency range. In the immediate vi¬ 
cinity of such a loudspeaker, the fi¬ 
delity is quite good, but it does not 
offer particularly wide-angle high- 
frequency coverage. Where a large 
area is to be covered with such loud- 
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Courtesy Langevin 


FIG. 29. A loudspeaker In a housing designed 
for ceiling mounting. The small horn at the 
bottom helps diffuse the sound. 

speakers, therefore, it is necessary to 
use a number of them to be sure of 
having reasonable sound distribution 
at all frequencies. 

Fig. 29 shows an enclosure intended 
to be mounted in the ceiling and to 
distribute sound in all directions. 
This enclosure is very useful when 
the loudspeaker is to be mounted near 
the center of a room. However, it is 
probably the least desirable loud¬ 
speaker to have in the same room with 
the microphone, because some of the 
loudspeaker’s energy is directed right 
at the microphone. 

HORN ENCLOSURES 

Some form of horn or trumpet en¬ 
closure is invariably used with driver 
units. Both the fidelity and the cov¬ 
erage angle are largely determined by 
the kind of enclosure chosen. A long, 
narrow horn with a small mouth 
tends to project sound directly in 
front of the mouth of the horn without 
allowing it to spread very much. On 
the other hand, if the horn flares 
outward rapidly, sound is distributed 
over a much wider angle. 

From a fidelity standpoint, the rate 
of increase of the cross-sectional area 
of the horn is particularly important. 


In general, the horn must be rather 
long to have good low-frequency res¬ 
ponse. Since it should increase regu¬ 
larly in cross-sectional area as it in¬ 
creases in length, we must start with 
a very small throat if we are to have 
a reasonable mouth size in any prac¬ 
tical horn length. 

Horns that carry speech only need 
to handle only a limited frequency 
range; therefore, they can be, and 
commonly are, rather short. However, 
if music is to be carried through the 
horn, it must be long—so long, in fact, 
that the space required by the horn 
is quite a problem. One solution to 
this problem is to fold the horn up on 
itself as shown in Fig. 30. Even fold¬ 
ed in this manner, the horn is rather 
large; a horn of this sort is generally 
used only in large auditoriums or the¬ 
aters. 

A more commonly used arrange¬ 
ment for getting a relatively long horn 
length in a small space is shown in 
Figs. 31 and 32. This device is known 
as the re-entrant or reflex horn. The 
name comes from the fact that the 
sound travels down an inside horn, 



FIG. 30. A folded horn of the sort used in 
theaters and large auditoriums. 
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FIG. 33. A coupling of this sort makes it 
possible to use 2 driver units with one horn. 


Courtesy University Loudspeakers, Inc. 


\ typical reflex trumpet, much used 
for outdoor installations. 


I ' y— - ^ Courtesy University Loudspeakers, Inc . 

-egCI?. 11 11 ^ 111111111 ^ This is an extremely powerful loudspeaker in 

PL 1 ~ * . 1 — which 12 driver units are used. It can handle 

/% |@j|j 24 “ powers up to 300 watts and can be heard for 

^*f||r several miles. 

'—il<S«==————' proof, making it ideal for outdoor use. 

~ ^ Most drivers designed for use with 

horn units are rated at 25 watts but 
will w r ork efficiently on 8 to 10 watts. 
If greater power is needed, extra loud- 
g|.JL speakers may be used, or more than 
one driver may be used with a single 

FIG. 32 . Cross-sectional view of a reflex trumpet. horn. Fig. 33 show's a two-unit type; 

as many as twelve drivers are used 
then is forced back toward the rear on super-powered horns, 
before it finally comes out of the Now that you have a general idea 
mouth of the horn, as shown in Fig. of what the pickup patterns of micro- 
32. Because of this internal folding, phones and the sound distribution 
it' is possible to make the over-all patterns of loudspeakers are like, let’s 
dimensions of the horn rather short take up the practical problems of de- 
and yet have a fairly long air column, termining how much power is neces- 
Furthermore, such a horn is weather- sa-rv for an installation. 
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Practical Acoustics 


The amount of power needed for 
any particular installation depends on 
a number of factors. First of all, the 
hearing characteristics of the human 
ear must be considered. There must 
be a certain amount of power before 
the human ear registers any sound at 
all, the exact amount depending on 
the frequency of the source. At this 
threshold level, the ear is not at all 
a high-fidelity device; therefore, con¬ 
siderably more than this minimum 
power is needed to permit an audience 
to hear comfortably and with reason¬ 
ably good fidelity. 

As we have pointed out before, the 
noise level at the location of the in¬ 
stallation must also be taken into 
account in determining the amount of 
power needed; the greater the noise, 
the greater the power that will be nec¬ 
essary. Indoors, we also have the 
problem of sound reflection from the 
walls and ceilings. Sound reflection 
is seldom a problem in an outdoor in¬ 
stallation, but sound dispersal is. 
Let’s make a complete study of each 
of these factors in turn to see how 
they affect the amount of power 
needed. 

HEARING CURVES 

The ear is very peculiar in the 
manner in which it responds to sound 
levels at different frequencies. It is 
most sensitive to sounds at about 2000 
cycles. In other words, a very low- 
power sound at this frequency will 
be audible. At low or high frequen¬ 
cies, however, far more power is nec¬ 
essary to make a sound audible. 

Fig. 34 contains a series of curves 
that indicate the average hearing 
ability of the human ear. Sounds 
having the intensities shown by curve 
A can just barely be heard, and 
sounds having lower intensities can¬ 


not be heard at all: curve A is there¬ 
fore called the “threshold of hearing.” 
Notice that this curve is very 
non-linear, illustrating what we just 
said about the ear being most sensi¬ 
tive at the minimum-loudness level to 
sounds around 2000 cycles and least 
sensitive to low-frequency and high- 
frequency sounds. 

This variation in sensitivity with 
frequency becomes less marked at 
higher loudness levels. The dashed 
curves above curve A show the re¬ 
sponse of the ear at various loudness 
levels 10 db apart. (The threshold 
of hearing is used as the zero db ref¬ 
erence.) As you can see, the response 
becomes much flatter as the loudness 
increases. 

If a sound is made loud enough, the 
ear will feel pain instead of hearing 



FIG. 34. The frequency-response curves of the 
human ear for sounds of various levels. Curve A 
shows the threshold of hearing, curve B the 
threshold of pain. 

the sound. The loudness level at 
which pain is felt (which is called the 
“threshold of pain”) is represented 
roughly by curve B in Fig. 34. Notice 
that this curve intersects the threshold 
of hearing at very low and very high 
frequencies but is widely separated 
from it at the middle frequencies. At 
frequencies around 1000 to 2000 
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cycles, the change is roughly about 
120 to 130 decibels from the threshold 
of hearing to the threshold of pain. 

You can see from these facts that 
the average person is able to hear 
only the middle frequency range if the 
sound level is very low; the low and 
high frequencies are completely in¬ 
audible. As the sound level is in¬ 
creased, higher and lower frequencies 
can be heard. 

Obviously, the sound output of a 
p.a. system should be at least great 
enough to permit all the frequencies 
we are interested in to be heard com¬ 
fortably. This means that the power 
required for a particular installation 
depends on what the system is in¬ 
tended to carry. If it is to be used for 
instrumental music, a wider frequency 
range must be handled than is needed 
if only voice frequencies are to be 
„ carried; consequently, more power is 
needed for the former kind of instal¬ 
lation. 

For convenience in comparing 
sound levels, it is standard practice to 
choose a reference frequency in the 
range where the hearing is most acute. 
The level necessary to produce an 
audible sound at this reference fre¬ 
quency is then considered to be the 
threshold of hearing, and other sounds 
and noises are said to be a certain 
number of decibels above this thresh¬ 
old level. 

EFFECT OF NOISE 

The ability to hear any sound is 
considerably affected by the noise 
level. Theoretically, even the weakest 
of the sounds in which we are inter¬ 
ested should be at a level above the 
surrounding noise level if it is to be 
heard easily. Therefore, we need to 
know the noise level before we can 
choose the p.a. system. 

Fig. 35 shows the sound levels of 
various common noises, and the noise 
levels that are found in typical places 


Type of Sound Source DB Level 

Threshold of painful sound 

130 

Hammer blows on steel 

120 

Riveting machine 

100 

Factory (very noisy) 

90 

Machine Shop (average) 

90 

Heavy street traffic 

85 

Printing Press 

80 

Ball Rooms 

80 

Restaurant (noisy) 

80 

Factory (average) 

75 

R.R. waiting room 

75 

Auditorium (average) 

75 

Office (busy) 

65 

Department store (average) 

65 

Auditorium (quiet) 

65 

Ordinary conversation 

60 

Quiet residential street 

60 

Restaurant (average) 

60 

Store (quiet) 

60 

Office (quiet) 

60 

Hotel lobby 

55 

Hospitals 

55 

Average quiet residence 

35 

Quiet garden 

25 

Average whisper 

20 

Rustle of leaves in 


gentle breeze 

10 

Threshold of hearing 

0 


FIG. 35. These are the levels in db above the 
threshold of hearing of various common sounds 
and noises. The figures have been compiled 
from several sources. 

where p.a. systems may be used. No¬ 
tice that the noise level in the average 
quiet home is about 35 db above the 
threshold; since the average conver¬ 
sation level is higher than this, we, 
of course, need no amplification to 
overcome the noise in a home. As a 
matter of fact, p.a. amplifiers are not 
needed to overcome noise until the 
noise level is above that of the de¬ 
sired sound. Acoustics standards state 
that the average sound level for 
speech should be maintained at least 
10 db above the surrounding noise 
level. This is not practical, of course, 
when the noise level is up near the 
threshold of pain, because the sound 
level might then be over the threshold 
for some frequencies. It is therefore 
frequently impossible to keep the 
sound level above the surrounding 
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noise level to any great degree in in¬ 
stallations in very noisy factories. 

For ordinary music, it is desirable 
to have the average sound level 15 db 
higher than for voice, or a total of 
25 db above the noise. High-fidelity 
reproduction of symphonic music re- 



Courtesy General Radio Co, 


A sound-level meter of this sort is very useful 
for determining the noise level at the site of an 
installation. 

quires another 10 db above ordinary 
music, or an average level 35 db above 
the noise level. Of course, there will 
be peaks that exist above the average 
levels; however, proper design on an 
average power basis permits the peak 
power capabilities of the amplifier to 
handle these. 

One of the problems always facing 
the sound engineer, therefore, is the 
determination of the noise level at the 
location where a p.a. system is to be 
installed. This determination must, 
of course, be made under the condi¬ 
tions that will be present at the time 
the p.a. system is to be used. An 
empty auditorium is far quieter than 
one filled with people. This is par¬ 
ticularly true at a sporting arena, 
where an enthusiastic crowd of spec¬ 
tators can make the noise level very 
high. 

To determine the noise level, one 
must guess at it (a very difficult thing 


to do accurately), measure it with a 
noise level meter, or depend upon 
practical tables or charts like Fig. 35. 
Loudspeaker manufacturers give av¬ 
erage levels in charts designed around 
their particular loudspeakers. We’ll 
say more about this later. 

SOUND REFLECTIONS 

As we have already said, sound 
reflections from the walls, floors, and 
ceilings of a room are a major prob¬ 
lem in indoor p.a. installations. These 
reflections provide additional paths 
over which sound waves travel from 
the source to the listener. Fig. 36 
gives a simple example. 

Such reflections occur because 
whenever sound waves strike a sur¬ 
face, some of the energy is absorbed 
and lost, some is transmitted through 
the material, and the remainder- is re- 


WALL OK ROOM 



WALL OF ROOM. 


FIG. 36. The direct sound wave between the 
source and the listener travels over path 1, which 
is the shortest path between these two points. 
Waves traveling over paths 2, 3, or 4 must go a 
greater distance to reach the listener, and con¬ 
sequently arrive somewhat later than those taking 
path 1. 

fleeted much as light rays are reflected 
by a mirror. How much reflection 
there is depends on the material; 
hard, smooth materials like plaster re¬ 
flect far more than do soft materials 
like drapes. These reflections “save” 
energy by preventing it from escap¬ 
ing from the room. However, the re- 
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turn of this sound energy is not in¬ 
stantaneous; it takes more time for 
sound to travel over a longer path, so 
sound waves that reflect from wall 
to wall do not arrive at a given point 
in step with sound waves coming over 
a more direct path. Such reflected 
waves may cause the sound at any 
particular spot to be louder, softer, 
or unintelligible. Let’s study this last 
effect first. 

REVERBERATION 

When the surfaces of a room are 
hard and smooth, reflections occur and 
recur, with the result that it takes 
time for sounds to die out. Conse¬ 
quently, syllables or words traveling 
over direct paths are interfered with 
by earlier sounds traveling over the 
reflection paths. This prolongation of 
sounds, which is called reverberation, 
is the most common acoustic problem 
in auditoriums. 

Unless a room is made absolutely 
dead by special acoustic treatment 
(by making the surfaces absorb 
energy instead of reflecting it), there 
will always be a certain amount of 
this reverberation. The actual amount 
depends on the size and shape of the 
room and on the characteristics of the 
materials used in the room. We don’t 
want a room to have no reverberation 
—such a room sounds “dead,” and 
music or speech is flat in it, A cer¬ 
tain amount of reverberation makes 
a room “alive”; music, in particular, 
has more brilliance and richness of 
tone in such a room. 

To determine what treatment may 
be necessary to make a room more 
nearly ideal in this respect, engineers 
assume that the period of reverbera¬ 
tion is the time it takes for a sound 
to decrease in energy by 60 decibels. 
To measure this period, a short, sharp 


sound is made, and timing devices are 
used to determine when it has de¬ 
creased by this amount. If the time 
taken is reasonable for the size of the 
room, no treatment is necessary. 

In general, the larger the room, the 
longer the reverberation period that 
can be permitted. There is no exact 
agreement on the amount of time that 
is permissible, however, because this 
depends upon whether it is speech or 
music that is to be reproduced and 
upon what the installer thinks is an 
ideal “liveness” for the room. Usually 
periods of under two seconds are 
necessary. “Ideal” periods for music 
in rooms of various sizes are shown 



FIG. 37. This graph shows the desirable rever¬ 
beration time for rooms of various sizes in which 
music is to be played. 

in Fig. 37. For speech, the ideal is 
from half to two-thirds the values 
given in this figure. 

As an example of how excessive 
reverberation affects the ability to 
understand speech, a reverberation 
period of 5 seconds in a 5000-cubic 
foot auditorium reduces the number 
of recognizable syllables to only about 
60% of the total. At least 75% rec¬ 
ognition is necessary for intelligibility 
with very careful listening, and about 
90% is needed for high-quality repro¬ 
duction. In a room of 5000 cubic feet, 
a reverberation period of about .6 
second is required for 90% intelligi¬ 
bility. 
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ACOUSTIC TREATMENT 

Since the reverberation time is re¬ 
lated to the volume of the room in 
cubic feet and to the absorbing ability 
of the surfaces of the room, there is a 
formula that can be used for calcu¬ 
lating the approximate reverberation 
period of a room. It is: 

.05V 

t =- 

a 

where “V” is the volume of the room 
in cubic feet, “t” is the period in sec¬ 
onds, and “a” is the number of ab¬ 
sorption units of the materials used. 


engineer. In a large auditorium, 
proper acoustic treatment involves a 
considerable expense, so it is far bet¬ 
ter to have the room treated by some¬ 
one familiar with the materials that 
can be used for the purpose. If you 
have such a problem, therefore, you 
should call in an engineer or a repre¬ 
sentative of a company manufactur¬ 
ing sound-absorbing material. How¬ 
ever, so you will understand what 
must be done, let’s see how such an 
expert would go about planning the 
acoustic treatment of a room. 



Courtesy The Celotex Corp. 

A small broadcast studio that has been acousti¬ 
cally treated with Acousti-Celotex tile on the 
ceiling and carpeting on the floor. The walls 
have been irregularly shaped to improve sound 
diffusion. Acoustical treatments in rooms served 
by p.a. systems are similar, though seldom so 
extensive. 


We shall discuss absorption units in 
a moment. 

This formula makes it possible to 
calculate the approximate period for 
a room. If the period is wrong, we can 
determine how much the absorption 
has to be changed to make the rever¬ 
beration proper by restating the for¬ 
mula as: 

.05V 

a =- 

t 

which gives us the number of absorp¬ 
tion units needed for a room of vol¬ 
ume V to have the desired reverbera¬ 
tion period t. 

In general, acoustic treatment of 
a room is best left to an acoustical 


The number of absorption units in 
a room is computed by multiplying 
the area in square feet of each sur¬ 
face by a factor (called the absorp¬ 
tion coefficient) that indicates the ab¬ 
sorbing power of each square foot of 
the material. The total number of 
absorption units in the room is the 
sum of these, plus the units furnished 
by the audience and by the furniture. 

As a general rule, any hard, smooth 
surface has very little absorption, so 
materials such as plaster walls will 
reflect sound and keep the reverber¬ 
ation period high. The same can be 
said for hard floor materials and for 
wooden seats. 

On the other hand, soft, coarse ma- 
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terials absorb sound, so the period of 
reverberation can be reduced by the 
use of drapes or other cloth hangings, 
upholstering or pillows on the seats, 
rugs on the floor, etc. Even better 
sound absorption can be obtained 
through the use of special acoustic 
materials, which are commonly made 
of cane fibers. These materials either 
have a rough surface or have a sur¬ 
face with many small holes in it that 
break up the sound reflection and ab¬ 
sorb much of the energy of the sound 
wave. Covering plaster ceilings and 
walls with such materials cuts dewn 
greatly on the reverberation and also 
reduces the noise (since it, too, is ab¬ 
sorbed) . 


Materials 

Coefficients 

Floor Coverings s 

Carpet 

.20 

Cork flooring 

.08 

Linoleum 

.03 

Rug, Axminster 

.20 

Wood flooring 

.03 

Hangings: 

Fabrics: 

Light 

* .11 

Medium 

.13 

Heavy 

.50 

Hard Wall: 

Brick, painted 

.017 

Cement 

.025 

Plaster on lath 

.03 

1 Openings: 

Window 

.5—1 

Balcony 

.5—1 

Audience and Chairs: 

People 

3—4.3 

Chairs, wooden 

.17 

Chairs, upholstered 

1.6 

Acoustic Materials: 

Acousti-Celotex C-2 

.67 

Acousti-Celotex C-4 

.99 

Acoustone F 

.87 

Fiberglas Tile (1") 

.97 

Permacoustic (1") 

.71 


FIG. 38. The absorption coefficients of various 
materials. The figures given for audience and 
chairs are in terms of absorption units per person 
or per chair; the other figures are for absorption 
units per square foot. These units were deter¬ 
mined at 51! cycles. The absorption at other 
frequencies differs somewhat, usually, though not 
always, increasing at higher frequencies. 


Wood floor: 

(100 x 20 = 2000) x .03 = 60 
Plaster walls: 

(240 x 10 = 2400) x .03 = 72 
Plaster ceiling: 

(100 x 20 = 2000) x .03 = 60 
Wood Chairs: 50 x .17 = 8.5 

200.5 

Volume — 100 x 20 x 10 = 
20,000 cu. ft. 

.05 x 20,000 

t —- — 5 sec. 

200 


FIG. 39. The computations needed to determine 
the reverberation period of the room described 

in the text before it is acoustically treated. 

The presence of an audience may 
change the characteristics of a room 
considerably. Clothing is very effi¬ 
cient as an absorption material. 

Fig. 38 gives a general idea of the 
absorption coefficients of several typi¬ 
cal materials. (The figures given for 
people, wooden chairs, and for up¬ 
holstered chairs are absorption units 
per person or per chair, not absorption 
coefficients.) 

To take a practical example, let’s 
suppose we have a small hall 100 feet 
by 20 feet by 10 feet high, which has 
a volume of 100 X 20 X 10 — 20,000 
cubic feet. Let’s suppose it has a 
wood floor and plaster walls and ceil¬ 
ings. Let’s also suppose there are 
about fifty wooden chairs in the hall. 

Fig. 39 shows the details of calcu¬ 
lating the absorption units present in 
the basic hall, using the average 
coefficients given in Fig. 38. There 
are 2000 square feet of floor space, 
and wood flooring has an absorption 
coefficient of .03, so the floor has a 
total of 60 units. A plaster wall 
around the room has a total area of 
2400 square feet; its absorption co¬ 
efficient is also .03, making its absorp¬ 
tion 72 units. The ceiling has a total 
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of 60 units and the chairs a total of 
8.5 units. The sura of all these is 
200.5, which we can round off to be 
200 units. 

The volume of the room is 20,000 
cubic feet, so the time, as shown by 
the calculations, is five seconds. This 
is too long; Fig. 37 shows that it 
should be about 1.1 seconds for a 
room of this size if music is to be 
played in it. 

An audience of fifty people present 
in the chairs will change matters, be¬ 
cause the audience has an absorption 
of about four units per person or a 
total absorption of 200 units, which 


tion period is changed considerably. 
Our time of 1.17 seconds is now much 
better for a room of this size. With 
an audience adding 200 more units, 
the time is reduced to about one sec¬ 
ond, so this treatment is just about 
right. 

Of course, a treatment that involves 
hanging drapes completely around the 
room, installing a carpet over the 
whole floor, and changing from wood¬ 
en chairs to upholstered chairs cannot 
be described as a simple one. It may 
be less costly and more satisfactory 
in the long run to leave the floor and 
chairs alone and to have an acoustic 


Ci&rpct; 

(100 X 20 = 2000) x .2 = 400 
Med. drapes on 

walls: 2400 x .13 = 312 

Plaster ceiling: 2000 x .03 = 60 

Upholstered chairs: 50 x 1.6 = 80 

852 




.05 x 20,000 
852 


1.17 sec. 


FIG. 40 . How acoustical treatment affects the 
reverberation period of the room. 


cuts the time in half, or to 2.5 seconds. 
Therefore, this hall will have much 
better characteristics with an audi¬ 
ence than it has when empty. Even 
so, it still has too long a period. Using 
the formula for determining the ab¬ 
sorption units needed, we find that to 
• produce a 1.1-second period, we need: 

.05 X 20,000 

a - --■ - 910 units 

1.1 

(approximately) instead of the 200 to 
400 we have. 

Covering the floor with carpet, 
hanging medium-weight drapes on the 
walls, and using upholstered chairs 
produces the effects shown by the cal¬ 
culations in Fig. 40—the reverbera- 


material applied to the wall or ceiling. 
If we were to cover the entire wall 
with Acousti-Celotex type C-4, the 
number of absorption units for this 
treatment alone would be 2376 (2400 
X -99). This would be too much and 
would make the room rather dead, 
because the reverberation period 
would then be only about .4 second. 
To come out around 700 units, so that 
with an audience (200 units) the pe¬ 
riod will be about one second, we need 
only about 600 feet of this acoustic 
material on the wall. Therefore, it is 
possible to hang several panels of this 
material at various points along the 
wall and thus deaden the room just 
as much as it would be deadened if 
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we were to hang drapes over all the 
walls and put a carpet on the floor. 

As you can see, there are a number 
of different things that can be done 
to change the reverberation period of 
a room. Initial costs, ease of applica¬ 
tion, and upkeep costs must all be 
considered in selecting a method of 
treatment. This is particularly true 
when a large auditorium is to be 
treated, because the cost of such a 
project may be very high. 

An auditorium intended to seat sev¬ 
eral thousand people is a difficult 
problem to treat acoustically because 
of the fact that the audience may 
vary in size from just a few people 
to a capacity crowd. There will ob¬ 
viously be a tremendous difference in 
the absorption of the auditorium un¬ 
der the two extreme conditions; if the 
treatment is such that the reverbera¬ 
tion period is correct when the audi¬ 
torium is filled to capacity, the rever¬ 
beration will be excessive when the 
audience is small. Usually the treat¬ 
ment for such an auditorium is cal¬ 
culated on the assumption that it is 
to be only moderately full. Then, as 
the audience varies around this aver¬ 
age, the period is made slightly higher 
or lower, but never varies as much as 
it would if we assumed either zero or 
a capacity audience. 

FOCAL POINTS AND DEAD SPOTS 

Another factor that must be con¬ 
sidered in planning a p.a. installation 
is the possibility that the shape and 
size of the room will cause unequal 


sound distribution over the floor area. 
An example of just such a room is 
shown in Fig. 41. The dome-shaped 
ceiling of this auditorium provides 
sound paths that tend to concentrate 
the sound from the origin to a spot in 
the balcony. At this particular spot, 
the sound will be excessive. 

On the other hand, it is equally 
possible for the shape of the room to 
cause dead spots—points at which 



FIG. 41. Sounds reflecting from various points on 
the curved ceiling of this auditorium are brought 
to a focus at a single small area in the balcony, 
making the volume level there considerably high¬ 
er than it is elsewhere. 

there is sound cancellation because 
the sounds arrive out of phase over 
two different paths. Su.ch spotty re¬ 
sponses are not likely in small rooms 
but are quite common in large audi¬ 
toriums. In such cases, it is either 
necessary to treat the room acoustic¬ 
ally to break up these reflection points 
or to place the loudspeakers so that 
the sound is more evenly distributed. 
The latter method is usually prefer¬ 
able, since it is less difficult and ex¬ 
pensive than is changing the contour 
of a room. 
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Determining Acoustical Powers Needed 


From the foregoing section, you can 
see that there are a number of factors 
involved in determining how much 
acoustical power will be necessary to 
obtain the desired performance from 
a p.a. system in a given location. En¬ 
gineering methods can be used to cal¬ 
culate the exact power necessary, but 
the practical sound man seldom both¬ 
ers to make such elaborate computa¬ 
tions. Instead, he uses some table or 
graph that gives a general idea of the 
power that should prove suitable 
under average conditions. 

Most such published tables, which, 
incidentally, may be found in the lit¬ 
erature of the loudspeaker manufac¬ 
turers, assume that the reverberation 
period of the room is normal for its 
size and for the conditions that will be 
met. If you find upon examination 
that the room is not normal in this 
respect, a correction must be made to 
make the room suitable for a perma¬ 
nent sound installation. 

If the reverberation in the room is 
reasonable or is made so, we can find 
the power necessary if we know the 
volume of the room in cubic feet and 
the noise level that can be expected. 

Unless you are going to go to the 
expense of purchasing or renting a 
noise level meter to check the exact 
level, you will have to depend on the 
averages that have been found for 


installations that are similar. 

Tables, such as Figs. 42 and 43, 
give acoustic powers needed for par¬ 
ticular noise levels and room volumes. 
To use them, you will have to esti¬ 
mate or determine the noise; the 
tables then give the approximate 
acoustic power needed for a room 
having the area of the one in which 
you are interested. Notice that the 
minimum powers for the reproduction 
of speech or music are given—more 
power may be needed if the room is 
dead or if it is necessary to overcome 
dead spots or reflections in the room. 

Once you have determined how 
much power is needed, you will have 
to divide the number of acoustic 
watts by the speaker efficiency to get 
the electrical wattage the amplifier 
must supply. For example, if the 
acoustic power is .5 watt, and you are 
using ordinary cone loudspeakers, 
which are about 2 % efficient, the am¬ 
plifier must have an output of 25 

.5 

watts of electrical power (-= 25). 

.02 

Generally, it is best to choose an am¬ 
plifier rated somewhat above this 
minimum, to allow for losses in the 
transmission lines, and for possible 
increases in the noise level. 

The tables in Figs. 42 and 43 are 
incomplete, since they cover only a 


Noise Level 

Area (sq. ft.) 

A rea (sq. ft*) 

Area (sq. ft.) 

Area (sq. ft.) 

Area (sq. ft.) 

( db ) 

500-2000 

2000-5000 

5000-10,000 

10,000-30,000 

30,000-70,000 

Above 

Assumed Room 

Assumed Room 

Assumed Room 

Assumed Kou/n 

Assumed Room 

Threshold 

Height (ft.) 

Height (ft*) 

Height (ft.) 

Height (ft.) 

Height (ft.) 

of Hearing 

10-15 

15-20 

20-25 

25-35 

35-50 

70 

0.001-0.004 

0.004-0.010 

0.010-0.019 

0.019-0.056 

0.056-0.126 

80 

0.012-0.044 

0.044-0.100 

0.100-0.199 

0.199-0.562 

0.562-1.26 

90 

0.126-0.447 

0.447-1.0 

1.0-1.99 

1.99-5.62 

5.62-12.6 

100 

1.26-4.47 

4.47-10.0 

10.0-19.9 

19.9-56.2 



Courtesy John F. Rider 

FIG. 42. Minimum acoustic power in watts required to override noise for reproduction of speech 
only in indoor coverage areas indicated. Areas are in square feet. 
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Noise Level 
(db) 
Above 
Threshold 
of Hearing 

Area (sq. ft.) 

500-2000 # 
Assumed Room 
Height (ft.) 
10-15 

Area (sq. ft.) 

2000-5000 
Assumed Room 
Height (ft.) 
15-20 

A rea (sq. ft.) 
5000-10,000 
Assumed Room 
Height (ft.) 
20-25 

Area (sq. fu) 
10,000-30,000 
Assumed Room 
Height (ft.) 
25-35 

Area (sq. ft.) 
30,000-70,000 
Assumed Room 
Height (ft.) 
35-50 

70 

0.039-0.141 

0.141-0.316 

0.316-0.631 

0.631-1.78 

1.78-3.98 

80 

0.398-1.41 

1.41-3.16 

3.16-6.31 

6.31-17.8 

17.8-39.8 

90 

3.98-14.1 

14.1-31.6 

31.6-63.1 




Courtesy John F. Rider 


FIG. 43. Minimum acoustic power required to override noise for normal p.a. requirements for 
speech and music reproduction in indoor coverage areas indicated. Areas are in square feet. 


few noise levels. However, the trend 
of powers is obvious, so you can fill 
in for lower or higher noise levels by 
the simple process of dividing or mul¬ 
tiplying by a factor of 10 for each 10 
db decrease or increase in noise. 

In attempting to estimate the 
amount of noise, you can use tables 
like that shown in Fig. 35 or charts 
that you obtain from loudspeaker 
manufacturers. Such loudspeaker 
charts give usual noise levels and the 
power needed for various room vol¬ 
umes when using certain particular 
loudspeakers. These charts apply only 
to the loudspeakers made by that 
manufacturer—you should obtain the 
one for the brand in which you are 
interested, because differences in effi¬ 
ciencies and coverage angles exist that 
make them wrong for other brands. 

Let’s sum up what we have learned 
about calculating how much power is 
needed • for an indoor installation. 
First, you must determine whether 
the room has the proper reverberation 
period or needs acoustic treatment. 
Then, from a table or chart, you must 
find how much acoustic power is 
needed for a room of the size of the 
one with which you are concerned, 
taking into consideration the average 
noise level of the room and whether 
music and speech, or speech alone, is 
to be carried by the p.a. system. 
Naturally, even more acoustic power 
is needed for the high-fidelity repro¬ 
duction of music than is necessary for 


ordinary dance music or for speech. 

To convert acoustic power into 
electrical power, you must know the 
efficiencies of the loudspeakers you 
intend to use. As we said earlier, cone 
loudspeakers are commonly consid¬ 
ered to be 2% efficient in baffles and 
5 °/o efficient in projectors. By divid¬ 
ing the acoustic- power level (in 
watts) by the speaker efficiency (ex¬ 
pressed as a decimal), you will find 
the electrical power needed. 

SOUND OUTDOORS 

We have no reverberation problems 
outdoors but do have the problem of 
rapid attenuation of the sound. Since 
there are no walls to reflect energy 
back to the audience, sound power 
goes down 6 db for each doubling of 
the distance from the loudspeakers to 
the listener. 

Horn loudspeakers are generally 
used in these installations. The horns 
may have either narrow or wide cov¬ 
erage angles, depending on the instal¬ 
lation. Both types have their advan¬ 
tages and disadvantages. Horns with 
wide coverage angles cover a larger 
area, but since the sound is spread out 
over this area, it is weaker at any 
distance from the horn than it would 
be for a horn with a narrower cov¬ 
erage angle. On the other hand, if we 
use narrow-angle horns and must 
cover a wide area, we have to use 
more of the horns to cover this area 
properly. 
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iVoiw 
Level 
( db ) 

10-30 ft. 

30-75 ft. 

75-150 ft. 

150-300 ft. » 300-500 ft. 

500-1000 ft. 

70 

0.002-0.017 0.017-0.112 

0.112-0.501 

0.501-1.78 1.78-5.01 

5.01 20.0 

80 

0.020-0.178 

0.178-1.12 

1.12-5.01 

5.01-17.8 17.8-50.1 


90 

0.200-1.78 

1.78-11.2 

11.2-50.1 



100 

2.0-17.8 

17.8-11.2 





Courtesy John F. Rider 


FIG. 44. Minimum acoustic power required to override noise for reproduction of speech outdoors 
for coverage of indicated distance in feet A coverage angle of 30° is assumed. More power is 

required if larger angles of coverage are used. 

Fig. 44 shows a table for determin- speaker can handle, then obviously 
ing the sound power necessary out- more than one must be used. Most 
doors. Notice that the table is for a driver units are rated at about 25 
certain specified coverage angle of watts, but they operate satisfactorily 
the horn. from powers as low as 6 to 8 watts. 

A comparison of Fig. 44 with Figs. However, if the output from the am- 
42 and 43 shows that the acoustic plifier is greater than 25 watts, again 
power needed outdoors is far higher more than one loudspeaker is needed, 
than it is for indoor installations. Extra loudspeakers may be needed 
However, since horns have a 15% to give the proper coverage for the 
efficiency, the actual electrical power area. There are locations at which 
increase needed is not as great as you it is best to use a number of loud- 
might at first imagine. For example, speakers and divide the sound for bet- 
if the indoor acoustic power needed is ter dispersion. In some instances, 
1 watt, and 2% efficient loudspeakers such as when sound is distributed to 
are used, 50 electrical watts are neces- hotel or hospital rooms, this is a nec- 
sary. With a 15% efficient loud- essity—a small loudspeaker must be 
speaker, 1 acoustic watt is obtained placed in each room, which of course 
from only about 6 electrical ■watts, means that there will be quite a num- 
bowever. Fifty watts delivered to her of loudspeakers. 

15% efficient loudspeakers will de- Even when the major sound distri- 
liver as much as 7,5 acoustical watts, bution comes from one or two large 
which is a respectable amount of loudspeakers located near the source 
sound power. of sound, a few supplementary loud- 

^ ____ 'speakers may be necessary to take 

PLACING LOUDSPEAKERS care 0 f sp 0 t s that would otherwise be 

Either indoors or outdoors, once we dead, 
decide on the electrical power that Incidentally, when the loudspeaker 
will be needed, we must then deter- is in the room in which the perform- 

mine both from the power level and ance is occurring, it is considered 
from the surrounding conditions the good practice to get the loudspeakers 
number of loudspeakers that will be somewhere near the source of sound, 
needed. Cone loudspeakers are avail- so that the sound will apparently be 
able in various power-handling capac- coming from its source. This, of 
ities from as low as 1 w r att to perhaps course, introduces the problem of 
40 watts. If the necessary amplifier ' feedback to the microphone through 
pow r er level is higher than one loud- the air, which means that the loud- 
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speakers must be so enclosed or so 
positioned that the feedback will not 
be excessive. 

Of course, this does not mean that 
all the loudspeakers must be grouped 
in one place. Even if the main ones 
are so grouped, there may have to be 
supplementary loudspeakers to feed 
sound into dead spots, under bal¬ 
conies, etc. 

When you are feeding sound into 
rooms other than the one in which the 
performance is occurring, you do not 
have to worry about feedback to the 
microphone. It is possible to use a 
single cluster of loudspeakers in such 
a room, but because sound may be 
excessively loud near the loudspeakers 
and too weak farther away, it is more 
common in this kind of installation to 
scatter the loudspeakers about. The 
only problem here is to make sure 
that the coverage is approximately 
uniform over the entire room. 

We will go into greater detail on 
loudspeaker placement when we take 
up typical installations elsewhere. 
For now, let’s cover a few general 
rules that will prove helpful in any 
installation. 

Loudspeaker Phasing. When more 
than one loudspeaker is used in a 
cluster, it is important that the voice 
coils be connected so that the sounds 
from these loudspeakers are in phase. 
If the loudspeakers are outwardly 
identical, you can usually assume that 
the connections from the voice coil to 
the terminals on the loudspeaker are 
the same on each, and you can con¬ 
nect similar terminals together when 
the loudspeakers are in parallel, as 
shown in Fig. 45A. Fig. 45B shows 
the proper way to connect loud¬ 
speaker voice coils in series. 

It is always possible, however, that 
the manufacturer has reversed one of 
the windings; if so, neither of these 
connections will be right for these 


particular loudspeakers. When the 
loudspeakers are out of phase, the 
sound from them tends to cancel. 
Therefore, the correct in-phase con¬ 
nection will be the one that gives the 
louder response for the same fixed 
input. If there is any doubt about 
this, you can make the simple test of 
listening to the loudspeakers while 
you reverse the connections to one of 
them. 

You don’t have to worry about the 
phase of loudspeaker connections 
when the loudspeakers are very wide¬ 
ly separated, particularly when they 
are outdoors. 



FIG. 45. Proper method of connecting loud¬ 
speaker voice coils in parallel (A) and in 
series (B). 


Coverage Angles. Loudspeakers in 
box baffles have fairly wide coverage 
angles at low frequencies, but the 
angle of coverage for the middle and 
high frequencies is more restricted. 
For this reason, loudspeaker place¬ 
ment may become rather critical. If 
it is desired to have the sound appar¬ 
ently come from the source on a stage, 
the loudspeakers should preferably be 
mounted above the stage and should 
be tilted downward to point toward 
the audience. If there are two loud¬ 
speakers, better results can be ob¬ 
tained by placing them to the right 
and left of the center of the stage, 
turning them so as to give the greatest 
coverage. 

If a room is to be covered by a 
series of separated loudspeakers in¬ 
stead of by a centralized group, you 
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can either locate them along the 
longer wall or use ceiling loudspeakers 
that have 360° coverage. Incidental¬ 
ly, when loudspeakers are located 
along a wall, they should never be 
more than about 40 feet apart; if they 
are more widely separated than this, 
there will tend to be an echo effect 
as sound comes to listeners from dif¬ 
ferent loudspeakers. 

In general, outdoors, it is prefer¬ 
able to have the loudspeakers in a 
single cluster if possible. Of course, 
it may not be possible to use a single 
cluster. In football stadiums, for ex¬ 
ample, it may be necessary to string 
the loudspeakers around so that each 
covers a portion of the audience. 

MICROPHONE PLACEMENT 

The proper placement of micro¬ 
phones is often a problem. Of course, 
if voice is being picked up, it is com¬ 
mon practice to have the microphone 
directly in front of the person speak¬ 
ing. Stage presentations, however, 
often require not only that the sound 
be picked up over a wide area but 
also that the microphone be con¬ 
cealed. Generally, in such cases, from 
two to four microphones are located 
in the footlight region of the stage, or 
several microphones are suspended 
from above the stage so as to cover 
as much of the area as possible. 

When instrumental music is to be 
picked up, it is often necessary to 
locate the microphone or microphones 
very carefully with respect to the va- 



FIG. 46. Practical microphone placements (or 
picking up (A) a 2-piano team, (B) a small salon 
orchestra, and (C) a dance orchestra. 


rious instruments being used. Several 
typical examples are shown in Fig. 
46. In cases of this kind, the only 
practical way to find the right micro¬ 
phone positions is to be present at a 
rehearsal and try various positions 
until the proper ones are found. 
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Lesson Questions 


Be sure to number your Answer Sheet 50RH-1. 

Place your Student Number on every Answer Sheet. 

Send in your set of answers for this Lesson immediately after you 
finish them 9 as instructed in the Study Schedule. This will give you the 
greatest possible benefit from our speedy personal grading service. 


1. Which is more suitable for use in a location where the temperature may 
get high—a crystal or a dynamic microphone? 

2. What type of microphone should be used in an installation where there is 

a single source of unwanted noise? 7 ! 

3. Arrange these three microphones in the order of their relative outputs, 
starting with the one having the highest output: dynamic, velocity, crystal. 

^ 3 I 

4. What is the maximum distance at which a high-impedance microphone 
can be connected directly to an amplifier: 25 feet, 250 feet, 1000 feet? 


5. What is the chief reason why p.m. loudspeakers are preferred to electro- 

dynamic loudspeakers in p.a. installations? t f l ' -/ • 

-vu-' / 

6. Why are cellular horns used on high-frequency tweeters? 


Cf V_ 


- -; 


7. What are the two chief advantages of a reflex horn? JvT--. 

V . " / - V'V • • - . 7 ■■„ • 7 . 

-• • v ' j- 7 - 

8. How does the noise level affect the power that a p.a. svstem must furnish? 

\J~fj ~j’ ' ■ > ‘ • '* L < ■■ / /l ■ < - ^ i ; > >. /• U't 

^ L-CJ" ( - ' 

9. When several loudspeakers are mounted on a wall, what is the greatest 

distance they can be separated without danger of causing an echo? 

tjC-p. 

10. What happens if two loudspeakers connected to the same amplifier are 
incorrectly phased? J / < .i.• ^ ^ * - 7^ 7.. . .. , ^/u . 
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